In this paper the production of vocal vibrato is investigated. The most relevant features of the acoustical vibrato signal, frequency and amplitude variations of the partials, will be related to the voice production features, glottal source ͑GS͒ and vocal tract response ͑VTR͒. Unlike previous related works, in this approach, the effect on the amplitude variations of the partials of each one of the above-mentioned voice production features will be identified in recordings of natural singing voice. Moreover, we will take special care of the reliability of the measurements, and, to this aim, a noninteractive vibrato production model will be also proposed in order to describe the vibrato production process and, more importantly, validate the measurements carried out in natural vibrato. Based on this study, it will be shown that during a few vibrato cycles, the glottal pulse characteristics, as well as the VTR, do not significantly change, and only the fundamental frequency of the GS varies. As a result, the pitch variations can be attributed to the GS, and these variations, along with the vocal tract filtering effect, will result in frequency and amplitude variations of the acoustic signal partials.
I. INTRODUCTION
Singing voice constitutes an interesting challenge to the study of voice quality because of its differences from every day speech. Among these, the most interesting one is perhaps the vocal vibrato. This is a specific musical feature not present in speech and has been by itself the topic of interest of many researchers in distinct areas such as physiology and musicology.
It is quite easy to describe vocal vibrato from the acoustical point of view. Borrowing Sundberg's definition:
1 "vibrato is a regular fluctuation in pitch, timbre and/or loudness;" however, some of its basic aspects remain hidden still today. From this definition, it is clear that vibrato is a regular pitch variation and, in fact, this is the most widely studied aspect from the pioneering work of Seashore 2 to our day.
Several features related to the pitch variation, or, in parallel, fundamental frequency variation, have been analyzed, and the most relevant works are those dealing with the parametrization of this variation. [3] [4] [5] This is usually characterized by three parameters: the intonation, which represents slow variations around the average frequency value of the note; the vibrato extent, which represents the amplitude of fundamental frequency variations; and the vibrato rate, which represents the frequency of the fundamental frequency variations. Making use of these parameters, differences among singers have been measured and studied, 6, 7 and even links between vibrato rate and physiological features have been explored based on a reflex resonance model. 8 In particular, this latter model is proposed to describe the relationship between the muscular activation and the typical values of vibrato rate. Going back to Sundberg's definition, it is obvious that it does not specify what happens with timbre and loudness during vibrato. Both concepts are not unambiguously defined since they depend on the acoustic signal as well as the listener. Focusing on the acoustical signal, it can be seen as a particular combination of the amplitude of the different partials ͑a chord of sine tones of different frequencies͒ composing the voiced sound. The position of these partials is harmonically related to the fundamental frequency, and in the case of vibrato, it is expected that harmonicity is preserved. On the other hand, the amplitude of the partials also shows temporal variations during vibrato, but its origin and characterization still remains unclear, as will be shown later in more detail. These variations also reflect in the timbre and loudness temporal evolution, and, since the amplitude variations are not well understood, neither are the timbre and loudness variation.
Regarding the amplitude variation of the partials, several works have dealt with this topic during the last decades, but apart from minor differences among them, almost all simply measure these variations and argue about their perceptual relevance. In particular, the first step on this direction was taken by McAdams and Rodet, 9 who demonstrated that the amplitude behavior of a partial was coupled with its frequency behavior according to a given spectral envelope, which could be used by the auditory system to discriminate the timbre of a complex sound. Later, Horii 10 proposed a resonance-harmonic interaction to explain the phase relationship between fundamental frequency and amplitude modulation of vibrato. A parallel work was carried out by Maher and Beauchamp, 11 who concluded that the amplitude fluctuation of a partial during vibrato varies in form, amplitude, and phase according to the position of the partial within the vocal tract resonances. However, in neither case was it demonstrated how the vocal tract, as well as the glottal source ͑GS͒, behaves such that those variations are generated. In the same way, Imazumi et al. 12 investigated the sources of vibrato by considering the correlation between the amplitude and frequency variations of the partials, and argued about the interrelationships between the fundamental frequency, the level of the harmonics, the formant frequencies, and the overall amplitude of the singing voice. The main limitation of their approach is that they did not identify the individual contribution of the voice production elements, GS and vocal tract response ͑VTR͒, on the amplitude and frequency of the partials, making it difficult to demonstrate the precise behavior of these elements in vocal vibrato production.
The correlation between the amplitude and frequency variations of the partials associated with vocal vibrato has been subsequently analyzed by other authors, 13, 14 and the main conclusion in all cases is that, while this correlation is determined by the vibrato production mechanisms, the exact role of each voice production element cannot be identified based only on the direct observation of the amplitude versus frequency representation, since this represents a global information where the individual contributions of the voice production elements are combined.
By analyzing the different efforts devoted to the study of amplitude variation of the partials, it can be seen that all the works have in common the use of the sinusoidal model 15, 16 to represent the acoustic signal, since the parameters of this model are the amplitude and frequency variations of the partials. However, in the mentioned works no voice production description is considered, which precludes any statement concerning the vibrato production mechanisms.
Additionally, regarding the voice production process, different mathematical models have been proposed during the last decades in order to describe it. For instance, physical models are closer to the voice production system, 17, 18 since the GS and VTR are obtained based on some physical features of the voice organ elements. Additionally, the sourcefilter model proposed by Fant 19 ͑also known as the noninteractive source-filter model͒ can be qualified as a signal voice production model, since it does not contain any physical parameters, but it directly depends on a waveform representing the GS and a transfer function corresponding to the VTR. Each model represents a tradeoff in the voice production descriptions, for instance physical models provide a more realistic description, but is not easy to extract the values of the model parameters from a given acoustic signal. On the contrary the source-filter model constitutes a more simplified description, but it makes it easier to extract the GS and VTR for a given recorded sound.
With this in mind, in this paper the vibrato production will be investigated, but, unlike earlier works, the individual contribution of the GS and VTR on the amplitude variation of the partials will be identified. For this purpose, the acoustical features of the vibrato signal, amplitude, and frequency variations, as well as the voice production process, will be jointly considered by combining two different signal descriptions: the sinusoidal model and the noninteractive sourcefilter model. At this point, it is important to emphasize how different the two approaches are, which makes it very important to assess the reliability of the measurements that will help to combine such different approaches.
For this purpose, we will propose a vibrato production signal model, the noninteractive vibrato production model, that will allow us to validate the measurements made in natural singing voice recordings and will describe, and thus help to understand, how the voice production elements, GS and VTR, behave such that the specific correlation between the amplitude and frequency of the partials is produced. Finally, a model evaluation process will allow us to examine if the behavior of the proposed model fits well with natural vocal vibrato production. It is important to note that the voice material considered for this study corresponds to male recordings and, thus, the conclusions derived from it are of application strictly to this kind of voice.
The organization of the work is as follows. In Sec. II the acoustical properties of vibrato are described, where the sinusoidal model is used to describe the acoustic signal, and, based on its parameters, the amplitude variations of the partials, as well as the intensity of the sound, is analyzed. In Sec. III the voice production process is briefly described by the noninteractive source-filter model, defining its main features ͑GS and VTR͒ and briefly reviewing the analysis techniques associated to this particular model.
In Sec. IV the vibrato production is examined, and its noninteractive vibrato production model will be proposed. Finally, in Sec. V, this model is evaluated, and the conclusions that follow are discussed in Sec. VI.
II. ACOUSTICAL CHARACTERIZATION OF VIBRATO
Before starting with the acoustical analysis, there are some details that must be clarified: First, it has to be recalled that vibrato is a time-dependent musical effect and, thus, its features can be affected by its musical context ͑pitch transition, 20 crescendo, decrescendo, 21 etc.͒. For this particular study, a simple musical context has been selected in such a way that other musical effects are avoided or at least minimized. Thus, the specifications of the voice material used for this study will be briefly described.
Second, as already mentioned, the sinusoidal model has been described as the most suitable signal model for vocal vibrato description. However, there are different possibilities for the calculation of its parameters from a given recorded signal, 11, 13, 14 which might affect the final result. Therefore, it is necessary to provide a brief description of the particular analysis procedure adopted for this study.
Third, from Sundberg's definition of vocal vibrato mentioned above, the main conclusion is that the less-understood acoustical aspects are the timbre and loudness. In particular, regarding the pitch variations characterization, the authors refer the readers to a recent work of Arroabarren et al. concerning pitch variations. 5 On the other hand, timbre and loudness are also dependent on the perceptual system of the listener, 22 thus it is important to note that in this particular study we will only focus on the objective acoustic signal features, frequency and amplitude variations, as well as the intensity variations of the sound.
A. Voice material
During a short musical excerpt ͑a few seconds͒ of natural singing voice performance many acoustical changes may take place, such as, for instance, pitch and intensity variations. Therefore, for a sensible acoustical characterization of vocal vibrato a very simple musical context has been selected, in order to make easier the isolation of vibrato out of other musical effects, such as those mentioned.
For this study three semi-professional male singers were enlisted, two tenors and one baritone. Each singer was asked to sing an exercise of three notes, the second one corresponding to a long sustained note separated three semitones from the others ͑Do-Mi-Do͒. The first and third notes behave as a musical support for the second one, so that the singer can sing a long sustained vowel, and the sung vowel of these notes was the vowel ͓i͔. This exercise was repeated by each singer, increasing the frequency of each note in one semitone, so that their whole frequency range was covered. Regarding the sung vowel of the central note, the whole exercise was repeated for the five Spanish vowels, ͓a͔, ͓e͔, ͓i͔, ͓o͔, ͓u͔, in order to have available several vocal tract configurations.
Recordings were made in a professional recording studio, in such a way that reverberations were reduced considerably though not completely eliminated as in an anechoic chamber.
14 The signals were sampled at a standard rate of 44.1 kHz, with 16-bit linear encoding on a single channel, and the recording levels were adjusted on the DAT machine during the recording process to achieve a ͑roughly͒ constant output level. These changes were necessary to account for the large dynamic range produced by the singer across his tessitura. In this way, the full 16 bits of resolution were used for each note produced. This means that the relative power of the notes sung is not preserved in our recordings; however, we deemed it more important to avoid quantization error than to preserve relative power.
B. Sinusoidal modeling
Concerning the acoustic signal analysis, the additive analysis-synthesis approach has been selected. It was developed during the 1980's by J. O. Smith III 23 in the context of computer music, and, in parallel but independently, McAulay and Quatieri proposed a similar approach for speech applications. 15 Later, a more complete sinusoidal model was proposed by Serra and Smith, 16 avoiding the problems of the preliminary versions in nonharmonic sounds. In particular, in the preliminary versions of the model, the whole sound was modeled by a set of sinusoids. However, in the case of nonharmonic sounds the number of sinusoids required to represent the sound was too high. Therefore, in the sinusoidal model proposed by Serra and Smith, an additional term was included to represent the nonharmonic part of the sound, and only the harmonic part of the sound was represented by a set of sinusoids.
The continuous time sinusoidal model, which this analysis-synthesis scheme is based on, assumes the following expression for the acoustic signal s͑t͒:
where a i ͑t͒ and f i ͑t͒ are the instantaneous amplitude ͑IA͒ and instantaneous frequency ͑IF͒ of partial i, respectively, which characterize the deterministic component of the signal, and e͑t͒ is the stochastic one. The stochastic component e͑t͒ is usually described as a filtered white noise u͑͒ by a timevarying filter characterized by its impulse response h͑t , ͒. In natural sound analyses it is seldom clear which spectral components are associated with each part, hence, the estimation algorithm has to be flexible enough.
To carry out our particular analysis we have implemented a tool based on the sinusoidal model that is described by the block diagram of Fig. 1 .
According to the block diagram of Fig. 1 , the input signal is analyzed frame by frame, with a typical frame duration of 6 ms. Then, in the first step a short time window length of the signal ͑three or four fundamental periods͒ is selected. The short-term spectrum of the signal is calculated and the spectral peaks detected, estimating their frequencies, amplitudes, and phases. This information is conveyed to a pitch detection block, where the fundamental frequency ͑F 0 ͒ of the frame is estimated. As shown, this is a pitch synchronous analysis, because the pitch information is used to select the most appropriate window length. Once the spectral peaks are detected, and the pitch estimated, a peak retrieval routine is applied, in order to recover nondetected peaks. Considering the spectral peaks of the frame, they are linked to earlier frame analyses in the peak tracking step, generating the trajectories of each partial, and obtaining the sinusoidal parameters of ͑1͒, namely, a i ͑t͒ and f i ͑t͒, the IA and IF of the signal harmonics, respectively. Finally, the stochastic part is estimated by removing the deterministic part from the original signal. For more details of this analysis procedure readers are referred to the works of McAulay and Quatieri 15 or Serra and Smith. 16 Going back to the recorded samples, the vocal vibrato recordings correspond to clean solo recordings and only voiced sounds, since there is no consonant in the musical exercise. Moreover, they correspond to the normal phonation, where the aspiration noise is minimum, 24 so that the whole signal can be modeled deterministically. In Fig. 2 results obtained for a representative tenor recording are shown.
From Fig. 2 it is apparent that all the signal partials are harmonically related to the fundamental frequency, and all of them follow the vibrato pattern, which is more evident as the harmonic order increases. Regarding the amplitude of the partials, in some cases it is possible to see a semi-periodic pattern but, in contrast to the frequency variation of the partials, no correlation among their IA is obvious.
C. Frequency and amplitude of the partials
In this subsection, the frequency and amplitude variations of the partials associated with vibrato will be analyzed, as well as the intensity of the sound, and some conclusions about their behavior during vibrato will be drawn.
In Fig. 2 the frequency and amplitude variations of a set of partials of a tenor recording are shown. They are representative of a typical behavior during vocal vibrato. From Fig. 2͑c͒ it is clear that, unlike the frequency variation of the partials, the amplitude variation does not follow a regular pattern, as all the harmonics show a different amplitude variation; however, in most of the partials it is still possible to see a semi-periodic pattern in their amplitude variation synchronous with the frequency variation.
In order to show the implicit correlation between the amplitude and frequency variations, the amplitude variation of the partials shown in Fig. 2͑c͒ are now represented in Fig.  3 versus their frequency variation appearing in Fig. 2͑b͒ . This representation has been used by several authors, as already explained, and has received different names, average frequency characteristics, 12 composite transfer function, 13 or AM-FM representation.
14 All these names imply that this information reflects the dependence on both vocal tract and the spectral variation in the glottal source.
However, by observing Fig. 3 it is not possible to see how the GS and the VTR behave during vibrato, since the effect of the two elements is combined. However, the AM-FM representation shows some common features concerning the IA of the partials, which were mathematically described recently. 25 The IA of a partial, A i ͑n͒, was modeled as the product of three elements:
where ␣ i is the relative weight of the harmonic compared to the fundamental, ␤ i ͑n͒ is a time-varying function representing the intensity change of the partial, which models the amplitude variation independently of the spectral envelope tracing, and ␥ i ͑n͒ is a time-varying function representing those variations related to the spectral envelope traced by the AM-FM representation. These three elements can be identified by observing the AM-FM representation of Fig. 3 . From Fig. 3 it is apparent that when the IF of the partials shows its periodic pattern, their IA traces a local spectral envelope, which is related to the ␥ i ͑n͒ parameter of the IA, representing the local spectral envelope traced by each partial. In spite of this mathematical description, the main conclusion about the amplitude variations during vibrato is that a direct relationship with the voice production features cannot be extracted by a simple observation of the AM-FM representation, since the amplitude of the partials will be affected by all the voice production elements. However, the AM-FM representation gives at least a clue that the amplitude behavior of the partials is not arbitrary, but rather involves the specifics of vocal vibrato production.
On the other hand, regarding the intensity variations, they can be easily characterized based on the former analysis. The intensity of the sound is defined as the sound energy transmitted per unit time through a unit area, and it is proportional to the square of the sound pressure.
We have already mentioned that, during the recording process, no calibration was made for determining the exact value of vocal intensity, because the main concern of the measurement was to avoid the quantization error. Therefore, in order to quantify the sound intensity, the relative sound intensity ͑RSI͒ will be calculated from the recorded signal samples as
where N is the window length and s͑k͒ are the samples of the acoustical signal. According to this definition, the RSI will be used for a relative quantitative description of the sound intensity evolution during vibrato. Considering the RSI definition of ͑5͒, the IA model of ͑4͒, and depending on N values, the resulting intensity may or may not show a periodic variation pattern. If the window length were selected such that the ␥ i ͑n͒ component of the partials is compensated for, the resulting RSI would not show periodic variations, as it is shown in Fig. 4 , where the N values are represented by the T values in seconds, for a sampling frequency, f s , of 44.1 kHz, and T = N / f s . In Fig. 4 four RSI calculations are shown, corresponding to different N values. Comparing these results the RSI does not show periodic variations when the window length is fitted to one vibrato period.
To conclude, we can say that sound intensity variations are possible depending on the averaging window selected to calculate this magnitude. These variations will be a consequence of the frequency and amplitude variations of the partials.
III. NONINTERACTIVE SOURCE-FILTER MODEL
Once the main features of the acoustical analysis of vibrato have been determined, the voice production process will be described. In this way, we will determine which voice production elements must be considered in order to understand the production of vocal vibrato. For this purpose, the noninteractive source-filter model will be considered as the voice production model, 19 because it is simpler than physical models and will make it easier to link the sinusoidal model to the voice production mechanisms. Thus, a brief review of this voice production description will be provided, as well as some important key points about the signal analysis associated to this model.
A. Model definition
The noninteractive source-filter model can be represented by the block diagram in Fig. 5 . There, the voice production is modeled by the glottal source ͑GS͒ that is linearly modified by the vocal tract response ͑VTR͒ and the lip radiation impedance, which is approximated by a derivative system. Typically, the lip radiation system is usually combined with the GS, in such a way that the glottal source derivative ͑GSD͒ is considered as the vocal tract excitation. It is important to note that this model is denominated as the noninteractive source-filter model since both voice production elements are considered independent. This assumption does not exactly hold in natural voice production. [26] [27] [28] Additionally, and in voiced sounds, the GS excitation is a periodic pulsed signal, determining the vocal texture. The most extended glottal pulse characterization defines five independent parameters: fundamental frequency, F 0 , or fundamental period T 0 , amplitude of voicing, Av, open quotient, O q , asymmetry coefficient, ␣, and return phase interval T a , which is related to the spectral tilt, f t . All of the proposed GS waveform mathematical models try to include these parameters, such as for instance the LF model 29 or the KLGLOTT88. 24 In Fig. 6 , an idealized GS pulse and its derivative are shown, illustrating the five parameters defined. From this figure, it is clear that O q controls the time interval where the GS is not null; ␣, defined as ␣ = T P / O q T 0 , determines the symmetry degree of the glottal pulse; and T a parametrizes the closure abruptness of the waveform.
Regarding the VTR, it is normally modeled by an allpole autoregressive ͑AR͒ filter 
H͑z͒
where a k are the prediction coefficients and G is the gain of the all-pole filter. This model corresponds to nonnasal sounds, as it is the case in our particular recordings.
B. Analysis procedure
As illustrated in Fig. 5 , the noninteractive source-filter model is a very simple voice production one, but the analysis techniques associated to it allow extracting from the acoustic signal the information of the GS and the VTR, which is not the case in other voice production models. However, when this model is considered, a thorough analysis should be carried out, particularly in singing voice analysis, for a correct interpretation of the results. Therefore, some key issues pertaining to this model and its associated analysis procedures will be highlighted.
In natural voice production, the physical system is composed by two resonant cavities ͑subglottal and supraglottal cavities͒, which are connected by a valve, the glottis, where the vocal folds are located. In voiced sounds, the vocal folds are opened and closed providing the harmonic nature to the air flow, but, additionally, the vocal tract response varies during a single fundamental period because both cavities are connected and disconnected along every fundamental period, resulting in a nonlinear element. This effect is one of the effects associated to the source-tract interaction, 26, 30 and it is not included in the noninteractive source-filter model.
On the other hand, the complete analysis procedure can be decomposed into two different steps: the first one is represented by the inverse filtering techniques, which allow us to separate both the GS and the VTR based on the acoustic signal, and the second one corresponds to a parametrization step, where the GS and VTR parameters are obtained in order to reduce to a few numerical values both voice production elements.
Regarding the inverse filtering techniques, there are many different approaches available in the literature, [31] [32] [33] [34] [35] however, since all of them assume a simplified voice production description, the resulting GS waveform will be affected in a different way by the so-called formant ripple resulting from the source-tract interaction and incomplete cancellation of the formants. Additionally, all of them have a fundamental frequency dependence, which limits their application as the fundamental frequency of the signal increases, and thus some singing voice signals. 36 On the other hand, the GS parametrization is an important analysis step, particularly when a large number of signals are to be analyzed, and there are available several possible methods: 37 We have, for instance, direct estimation methods, where the source parameters are obtained by measuring time domain landmarks. However, they are not very robust because those landmarks are not easy to determine in inverse filtered signals, particularly the opening instant. Additionally, there are fitting estimation methods, where a mathematical model is fitted to the inverse filtered GSD. However, all of these approaches have a high computational load. Alternatively, the normalized amplitude quotient ͑NAQ͒ has been recently proposed 38 as a suitable parametrization method. It is amplitude and fundamental frequency normalized, avoids time domain landmarks measurement, and has a minimum computational cost. It is defined as the quotient of the maximum of the GS and the minimum of the GSD. Moreover, it has been shown that it is also a global parameter as it depends on the three above-mentioned GS parameters. 39 To summarize these paragraphs, it is important to note that the noninteractive source-filter model allows for a simple voice production description, since it is a signal model. However, there are different factors that must be taken into consideration for a correct interpretation of the obtained results.
In order to illustrate the application of this kind of technique to the voice material described in Sec. II A, the GSD and VTR corresponding to a representative baritone recording are shown in Fig. 7 . In this particular case three representative inverse filtering techniques have been selected: the analysis by synthesis ͑AbS͒ approach, 31 the glottal spectrum based ͑GSB͒ inverse filtering, 34 and the closed phase covariance ͑CPC͒. 35 From Fig. 7 we can conclude that the three techniques provide similar results. Regarding the GSD, three fundamental periods are represented, illustrating a similar pulse shape to that in Fig. 6 . Concerning the VTR, it can be seen that, as this recording corresponds to a male singing voice recording, the highest formants are concentrated in one frequency region, ranging from 2000 to 3000 Hz, which is known as the singer's formant. 22 It is interesting to note that the inverse filtering analysis is a short time analysis ͑the window length is three or four fundamental periods͒, compared to the slow fundamental frequency variations of vibrato ͑a typical vibrato rate is about 5 Hz͒. Then, it can be said that these techniques are insensitive to the presence or absence of vibrato, since they are based on short time window analysis. Therefore, one question arising is how VTR and GSD parameters evolve during vibrato. Additionally, by comparing Fig. 3 to Fig. 7͑b͒ , the AM-FM representation is very similar to the VTR of Fig. 7͑b͒ . However, in the case of the AM-FM representation, no source-filter separation has been made, and thus both elements are melted in this representation.
It can be concluded that in natural vocal vibrato nothing can be said, a priori, about what is happening with the GSD and VTR during vibrato, but, whatever happens, the resulting global AM-FM representation provides a spectral envelope very similar to the VTR obtained by inverse filtering.
IV. NONINTERACTIVE VIBRATO PRODUCTION MODEL
After analyzing the acoustic signal corresponding to vibrato, assuming the sinusoidal model, and reviewing the voice production process based on the noninteractive sourcefilter model, it might seem difficult to establish a relationship between these two different mathematical descriptions of the acoustic signal and, even more, to identify the individual contribution of the voice production elements to the amplitude variation of the partials. With this in mind, a noninteractive vibrato production model will be proposed in order to describe, and help to understand, how the GSD and the VTR behave during vibrato such that the specific amplitude variation of the partials comes out. This model will allow us to assure the goodness of the analysis carried out in natural singing voice recordings. In particular, this signal model will permit us to generate synthetic signals that will be subsequently analyzed in the same way as natural singing voice recordings, which will help to infer what is happening in vocal vibrato production.
Before proposing the vibrato production model, some basic assumptions will be made regarding the behavior of GSD and VTR during vibrato. Assuming that the RSI, calculated by using a window length equal to one vibrato period, does not change during a few vibrato cycles, we have the following.
͑1͒
The GSD characteristics, or glottal pulse shape features, O q , ␣, and f t , remain also constant during vibrato, and only the fundamental frequency of the voice changes. This assumption is justified by the fact that, perceptually, there is no phonation change during a single note. ͑2͒ The VTR does not appreciably change along with vibrato. This assumption supports the fact that vocalization does not change along the note.
Taking into account these assumptions, the proposed noninteractive vibrato production model is represented by the block diagram of Fig. 8 .
As illustrated in Fig. 8 , for a given vowel where the RSI does not significantly change, the GSD parameters, controlling the glottal pulse shape, along with the VTR features, remain constant while the fundamental frequency of the excitation varies.
This model anticipates that a long-term relationship can be established between the GS and VTR and the AM-FM representation: Taking into account that the GSD features remain constant during vibrato, the AM-FM representation of each harmonic should represent a local section of the VTR, and each representation will be shifted ͑linearly distorted͒ in amplitude depending on the GSD spectral shape. Therefore, by removing the GSD effect from the AM-FM representation, only the VTR will be left.
This relationship is graphically shown in Fig. 9 for a synthetic signal described by the proposed model. For this particular example, the GSD has been modeled according to the LF model, and its parameters correspond to a normal phonation glottal pulse shape. The VTR filter corresponds to vowel ͓a͔ of a baritone, and the three vibrato parameters remain constant during the note: the intonation 100 Hz, the extent value of 10 Hz, and a rate value of 5 Hz. The resulting signal has been analyzed by both inverse filtering ͑GSB inverse filtering algorithm͒, where the presence or absence of vibrato has no influence on the algorithm, and by a sinusoidal model, where the IA and IF of each harmonic need to be measured. Results obtained for this simulation are shown in Fig. 9 . Taking into account the AM-FM representation of every partial, and comparing it to the VTR shown in Fig. 9͑b͒ , it is possible to conclude that local information of the VTR is provided by this representation. However, since no sourcefilter decomposition has been carried out, each AM-FM representation is offset in amplitude depending on the GSD spectral features. This effect results from keeping GSD parameters constant during vibrato. Comparing Figs. 9͑e͒ and 9͑b͒, it can be guessed that if the GSD magnitude spectrum were removed from the AM-FM representation of the harmonics, the resulting AM-FM representation would be very similar to the VTR. The result of this operation is shown in Fig. 9͑f͒ , and it can be seen that the compensated AM-FM representation is very close to the VTR.
For this noninteractive vibrato production model, the individual contribution of the GS and the VTR on the amplitude variation of the partials has been identified. In particular, when inverse filtering works, the GSD effect can be removed from the AM-FM representation provided by the sinusoidal model and the VTR information is isolated.
At this point, the relationship between the two signal models, noninteractive source-filter model and sinusoidal model, has been established for a synthetic signal where vibrato has been included under two assumptions stated at the beginning of the section. Now the question is if this relationship also holds in natural singing voice, where many other effects are present. Therefore, both kinds of signal analyses will now be applied to natural singing voice recordings. In order to set up conditions similar to the simulated signal, some precautions have been taken in the recording process: AM-FM representation will present slight variations from the actual VTR, but it is still possible to carry out the same study. 14 In Fig. 10 these analysis results are shown for a baritone recording, characterized by a F 0 of 107 Hz and a vocal tract configuration corresponding to vowel ͓a͔. Unlike the measurements shown in Figs. 9͑a͒ and 9͑b͒ , there is no reference for the original GSD and VTR. By comparing Figs. 9͑c͒ and 10͑c͒, the IF variation is similar in simulation and natural singing voice. However, the vibrato extent in this baritone recording is lower than in synthetic signal. In the case of the IA, natural singing voice results are obviously not as regular as synthetic ones. This is because of reverberation and irregularities of natural voice. Regarding the RSI of the sound, there are not large variations on the IA and, so, for one or two vibrato cycles, it can be considered constant.
In this situation, the AM-FM representation of the harmonics, shown in Fig. 10͑e͒ , is very similar to the synthetic signal AM-FM representation of Fig. 9͑e͒ , though the already mentioned irregularities are present. Now, the soobtained GSD spectrum will be used to extract from the AM-FM representation the VTR information. The result of this operation is shown in Fig. 10͑f͒ and, as in the case of the synthetic signal, the compensated AM-FM representation is very close to the VTR.
In this way, it can be concluded that, as in the case of the synthetic signal, the individual contribution of the voice production elements has been identified from the AM-FM representation corresponding to natural vocal vibrato, since the compensated AM-FM representation is similar to the VTR obtained by inverse filtering. However, the matching is not as close as for the synthetic signal.
For not limiting ourselves to a unique signal analysis, the same analysis procedure has been applied to a representative set of signals of the database described in Sec. II A, and their corresponding results are shown in Fig. 11 . For this particular set of signals, recordings corresponding to the three male singers have been selected ͑tenor 1, tenor 2, and baritone͒, considering also different vocal tract configurations ͓͑a͔, ͓e͔, ͓i͔͒. different vowels. In order to give more details of these recordings, in Table I the values of the three fundamental frequency parameters ͑intonation, vibrato rate, and vibrato extent͒ are collected. It can be seen that all the signals have a low fundamental frequency, so that the main problems associated to the inverse filtering techniques are avoided, and in particular the fundamental frequency of the baritone recordings is slightly lower than the one corresponding to the tenor recordings. In the case of the synthetic signals, the fundamental frequency was chosen to be 100 Hz, the vibrato rate 5.5 Hz, and the vibrato extent 84.46 cents. By observing Fig. 11 the different vocal tract configurations are evident, because of the different formant positions. Additionally, since all the recordings correspond to singing male voices, the singers' formant is in the high-frequency region ͑above 2000 Hz͒. Also, the differences between the fundamental frequencies of the signals can be observed on the AM-FM representation, since for the same frequency region ͑0 -3000 Hz͒ there are more harmonics in the case of the synthetic signal or in the baritone recordings. On the other hand, it can be seen that in all cases, different singers and vocal tract configurations as well as in the synthetic case, the compensated AM-FM representation is very close to the VTR, as was pointed for Fig. 10 , which allows us to conclude that the noninteractive vibrato production model can explain, in an approximated way, what is happening in singing voice when vibrato is present. 
V. MODEL EVALUATION
In the last section, a noninteractive vibrato production model has been proposed in order to relate the amplitude and frequency variation of the partials to the voice production elements. The key point of the model, as should be clear from our analysis, is the fact that the GSD and VTR features, O q , ␣, and f t , and formants central frequencies and bandwidths, respectively, remain almost constant during vibrato. In order to confirm these assumptions, the proposed model will be evaluated and further analyses will be carried out. To this purpose, the GSD and VTR features will be measured and their time evolution evaluated.
The evaluation procedure will be as follows: First, inverse filtering techniques will be applied for the GSD and VTR estimation in such a way that the analysis window will be moved over time. Later, and using the appropriate VTR and GSD parametrization, the behavior of these elements during vibrato will be characterized in order to check if their parameters remain constant during vibrato or, on the contrary, if they vary.
Moreover, it is important to note that because of the limitation of the inverse filtering techniques for high fundamental frequencies, the evaluation procedure will be applied in recordings corresponding with low fundamental frequencies. However, after this evaluation process the AM-FM representation of natural vibrato recordings will be compared to the one corresponding to the model, in order to analyze what this model predicts for higher fundamental frequencies.
A. Evaluation procedure
In Sec. III B the analysis procedure associated to the noninteractive source-filter model was shortly reviewed, and some relevant notes were provided for a correct interpretation of the obtained results. In this section, this analysis procedure will be used for the evaluation procedure of the noninteractive vibrato production, and, taking into account the above-mentioned details, some decisions have been made. Concerning the inverse filtering techniques, three representative approaches have been selected ͑the three were addressed in Sec. III B͒ for not limiting ourselves to a unique, and maybe biased, calculation. Additionally, as has been highlighted before, there are different factors that affect the inverse filtering results ͑differences among the selected techniques, fundamental frequency dependence,¼͒, which has led us to apply the same analysis procedure to the synthetic signals, in order to determine the accuracy of the estimation procedure. Finally, regarding the VTR and GS parametrization, the normalized amplitude quotient ͑NAQ͒ has been chosen as a representative GS parameter, since its measurement is simple and robust and condenses in a single numerical value the whole glottal pulse information. 39 In parallel, and as the VTR representative parameters, the central frequencies of the first two formants, F1 and F2, have been selected.
This analysis procedure has been applied to the representative data set specified in Table I , as well as to the synthetic signals of Sec. IV, and the results corresponding to the vowel ͓a͔ are shown in Fig. 12 . It is important to note that, in order to make easier the comparison among different singers, vocal tract configurations, and synthetic and natural signals, the absolute values of NAQ, F1, and F2 have been replaced by their relative values in percentage. To that purpose their mean value has been removed and they have been normalized by their average value in the considered interval.
In Fig. 12 , different magnitudes for the four representative signals are shown: the acoustic signal, the RSI, the fundamental frequency variation, and the relative values of the NAQ, F1, and F2 and the plots corresponding to the different signals have been grouped in different columns, ͑a͒, ͑b͒, ͑c͒, and ͑d͒.
In all cases it can be seen that the considered time interval is long in the sense that it contains several vibrato cycles ͑at least four͒, and in all cases the RSI does not change significantly ͑perfectly constant in the synthetic signal͒. By observing the NAQ, F1, and F2 variations, it can be seen that they are not perfectly constant in all cases, either natural or synthetic signals. Additionally, by comparing the results corresponding to the three natural vibrato signals and the synthetic one, it can be seen that the maximum value of the NAQ relative value is very similar, around 10% for all signals. Something similar can be said concerning the F1 and F2, where the maximum value is around 5%. By considering that the variations appreciated in Fig. 12 for the NAQ, F1, and F2 have very similar values, it can be concluded that these variations can be mainly attributed to measurement errors.
In order to analyze other vocal tract configurations, the measurements of the NAQ, F1, and F2 obtained along the considered time interval have been reduced to a single numerical value: their standard deviation along the considered time interval. To this purpose, the results corresponding to the representative data set of Sec. IV are shown in Table II for the three singers and the noninteractive vibrato production model.
By analyzing Table II , it can be seen that the standard deviation of the normalized parameters is quite similar in all cases, and less than 10%, regardless of the conditions ͑dif-ferent singers and proposed model, vocal tract configurations, different inverse filtering techniques͒. Additionally, by considering the three different vocal tract configurations for the three male singers, it can be seen that the standard deviation of the normalized NAQ is higher in the case of vowel ͓i͔, which corresponds to the lowest first formant central frequency, as can be seen in Fig. 11 . This difference might be a consequence of the source-tract interaction, since it increases as the first formant central frequency decreases, 40 and it will be reflected on the inverse filtered GSD waveform. Also, it can be noticed that the standard deviation of the three parameters obtained for the baritone recordings are lower than those obtained for the tenor's recordings, which corresponds to differences in the intonation value, as is the case of the synthetic signals.
To summarize, and according to the results shown in Fig. 12 and Table II , it can be concluded that the GS and VTR parameters do not significantly change during vibrato, which validates the assumptions made when we proposed the vibrato production model. This allows us to state that the noninteractive vibrato production model closely represents natural vibrato production.
B. Vibrato in higher pitched signals
As has been mentioned, in Sec. V A an evaluation procedure has been applied in order to validate the assumptions made along the model proposition. This evaluation procedure has been applied in low F 0 recordings such that the possible inverse filtering errors are avoided. However, it would be important to see how the same model performs under different conditions, and in particular for higher F 0 signals. This will allow us to determine if the above extracted conclusions concerning the GS and VTR behavior also hold under different pitch conditions. Therefore, in this subsection, and in order to compare the noninteractive vibrato production model and natural vibrato signals, the AM-FM representation of the signal will be considered, since the analysis associated to the sinusoidal model has no limitation with the fundamental frequency value.
In this case a representative set of recordings for the vowel ͓a͔ has been selected, corresponding to three different F 0 values for the three male singers, as well as for the noninteractive vibrato production model: 166, 216, and 360 Hz, representing low, medium, and high fundamental frequency values ͑for male voices͒. In the case of synthetic signals, the VTR has been the same in all cases, corresponding to the vowel ͓a͔, and only the fundamental frequency of the signal has been varied, the vibrato rate being 5.5 Hz and the extent 84.46 cents. FIG. 12 . Model evaluation. The signals associated to the model evaluation process are shown for four representative signals, corresponding to the three singers and the synthetic signal, all of them corresponding to the vowel ͓a͔. For each one of these recordings the represented signals are the acoustic signal, the relative sound intensity, the fundamental frequency, the normalized NAQ, F1, and F2. The plots corresponding to the same voice are grouped by columns: ͑a͒ baritone, ͑b͒ tenor 1, ͑c͒ tenor 2, and ͑d͒ synthetic signal.
The AM-FM representation of the above-mentioned signals are collected in Fig. 13 . In this figure rows represent different singers ͑two tenors and one baritone͒ and the synthetic signals, and columns correspond to different fundamental frequency values.
In this case, as was detailed in Sec. II C, the AM-FM representation provides global information, since both voice production elements are included. However, the proposed vibrato production model allows us to understand how this representation is related to the voice production process. The noninteractive vibrato production model predicts that as the fundamental frequency increases, the harmonics of the GSD signal will be located in higher frequencies, and they will be located in different relative positions with respect to the vocal tract resonances. As a result, the AM-FM representation for each partial will correspond to a different local section of the VTR, shifted in amplitude depending on the spectral content of the GSD.
With this in mind, it can be observed in Fig. 13 , for both natural and synthetic signals, that as the fundamental frequency increases, the AM-FM representations of the partials are obviously more separated from each other. Additionally, the spectral envelope foreseen in all cases is quite similar, since all correspond to the same vocal tract configuration, vowel ͓a͔, and all are of male singing voices. By considering one row of figures, for instance, ͑a͒, ͑b͒, and ͑c͒, it can be seen that, for a given singer, the only difference among the different F 0 values is reflected on the harmonic position, and the location of the AM-FM representation of each partial, which is predicted by the proposed model ͓panels ͑j͒, ͑k͒, and ͑l͔͒. This points out that there are no additional changes, concerning vibrato production, as the fundamental frequency increases. This behavior can also be observed in the results corresponding to other singers ͑different rows of figures͒ and, as a consequence, the conclusions can be extended to other male voices.
To conclude, it can be said that the noninteractive vibrato production model can be used to describe the behavior of the GS and VTR during the vocal vibrato production, at least from the signal point of view. It is clear that for a physiological description of the process other kind of models should be considered.
VI. CONCLUSIONS
In this work an acoustical characterization of vocal vibrato has been carried out. Such characterization has been based on the sinusoidal model parameters, IF and IA of the partials, focused on the amplitude variations and their relationship with the frequency variations. It has been shown that these variations are correlated, which is illustrated by the so called AM-FM representation of the partials. Additionally, we have shown that the amplitude and frequency variation of the partials will be translated into intensity variations depending on the window length imposed for the estimation. In particular, it has been shown that the RSI will not show pitch-related variations when the averaging window length is adjusted to one vibrato period. The main conclusion derived from this acoustical analysis is that the origin of the amplitude variations must be pursued taking into consideration the voice production mechanisms, since the sinusoidal model is a pure signal model.
In order to identify the contribution of the voice production elements, GS and VTR, on the amplitude variation of the partials, a noninteractive vibrato production model has been proposed. Consequently, this model has described the behavior of both voice production features during vibrato. In particular, considering a RSI constant interval, this model assumed that both voice production mechanisms remain almost constant during vibrato, and only the fundamental frequency of the GS changes. As a result, this model predicted that the AM-FM representation of each harmonic corresponds to a local section of the VTR but shifted ͑i.e., linearly distorted͒ in amplitude according to the GS spectrum. By comparing both synthetic and natural singing voice signals it was concluded that the above-mentioned prediction holds quite well in natural vocal vibrato.
Next, in order to validate the assumptions that the noninteractive vibrato production model is based on, the time evolution of the GSD and VTR features was evaluated in natural and synthetic signals making use of inverse filtering techniques. From this evaluation process, it was demonstrated that the GSD and VTR do not significantly vary during vibrato, which agrees well with the assumptions made during the model proposition. Additionally, the proposed model was compared to natural vibrato signals for different pitch values, making use of the AM-FM representation, and it was shown that the proposed model predicted similar representations to those obtained for natural vocal vibrato. This validation process has shown that the proposed vibrato production model is able to describe the production of this vocal effect. Based on the noninteractive vibrato production model, it can be concluded that, during the vibrato production, the pitch variations are generated on the glottal source and these variations, along with the vocal tract filtering effect, reflect the frequency and amplitude variations of the acoustic signal partials.
